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Specification for Invention: '^Digital Signal Processing of Multi- 
Sampled Phase" 
by John Bogdan 

Digital Signal Processing of Multi-Sampled Phase 

BACKGROUND OF THE INVENTION 

This invention is directed to an analysis of a wavefonn for a telecommunication 

system or for a measurement equipment, and more particularly to a Digital Signal 

Processing of Multi-Sampled Phase (DSP MSP). 

The DSP MSP allows wavefonn analysis, noise filtering, and data recovery for 

wireless, optical , or wireline transmission systems and measurement systems and 

for a wide range of data rates and wavefonn timings. 

Hie mvention fiiitfaer includes Sequential Data Recovery from Multi Sampled 

Phase (SDR MSP), which is a version of fhe DSP MSP, vMch provides clock and 

data recovery for optical ccmununications. 

BadiyronndArt 

Present waveform analyzers and serial data receivers use an analog fixmt end 
for signal filtering, data recovery, and for a generation of data recovery sampling 
clock. 

Therefore more expensive bipolar or BICMOS technologies are needed to achieve 
sufficient performance, and said present designs have raflier li'mitf^ noise filtering 
capabilities and are able to cover only nanow application areas. 
Analog design problems are further compounded by loww siqiply voltages \Aich 
cause insufficient voltage head-room in deep sub-micron IC*s which are becoming 
dominant in today's and future electronics. 

There was a need for a waveform timing analyzer and a digital method of signal 
analysis which will reduce cost and complexity by replacing said analog or 
BICMOS technologies with less eiqpensive CMOS technologies, and will improve 
noise filtering and increase programmability of data analysis algorithms and 
improve reliability of data recovery functions. 
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SUMMARY OF THE INVENTION 



It is en object of inresent inventioii to create a circuit for Digits] Signal Processtog 
of Multi-Sampled Phase (DSP MSP) of a wave-foim, and more particularly to 
provide a circuit for Sequential Data Recovery from Multi Sampled Phase (SDR 
MSP), of an optically received wave*fortD. 

The DSP MSP shall allow programmable comprehensive noise filtering and wave* 
form timing analysis for wave-forms ranging fiom lowest to highest fi^encies. 
The SDR MSP shall replace expensive specialized analog circuits with 
inexpensive, programmable, and universal digital solution which will provide 
significantly better phase noise immunity and signal recovery reliability and can 
be implemented witii less expensive IC technologies. 

The DSP MSP invention provides an implementation of programmable algorithms 

for analyzing a very wide range of low and high frequency wave*forms. 

Tlie DSP MSP comprises a synchronous sequential processor (SSP) for real time 

capturing and processing of in-coming wave-form and a programmable computing 

unit (PCU) for controlling SSP operations and supporting adaptive signal analysis 

algorithms. 



Said SSP invention comprises a multi^san^Ied phase (MSP) c^turing of 
incoming wave-form level by a locally generated sampling clock and its sub- 
clocks generated by the outputs of serially connected gates which the sampling 
clock is propagated through. If an active edge of the wave-form is detected by 
capturing a change in a wave-form level, the position of tiie captured signal 
change represents an edge skew between die wave-form edge and an edge of the 
sampling clock. 

In addition to the above wave-form capturing method, the SSP inchides 3 other 
methods of the edge skew c^turing Miuch are defined below: 

• the sampling clock captures the outputs of serially coimected gates which the 
incoming wave-form is propagated through; 

• the outputs of serially connected gates which the incoming wave-fonn is 
propagated through, provide wave-form sub-clocks which capture the 
sampling clocL 

« the incoming wave-form captures the outputs of serially connected gates 

which the sampling clock is propagated through; 
The above mentioned edge skew c^turing methods further include: 

• using falling edges of said sub-clocks for driving clock selectors which select 
parallel processing phases during which positive sub-clocks are ^uibled to 
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perfonn said edge skew o^mmng, or using rising edges of said sub-docks for 
driving selectors which select paiailei processing phases during which 
negative sub-clocks are enabled to p^omi s^d edge skew C{Q)turiQg; 

• using serially connected clock selectors for enabling consecutive sub-clocks, 
in order to assure that consecutive sub-clocks will target appropriate 
consecutive bits of impropriate capture registers. 

The SSP invention incluifes using said serially connected gates; 

• as being an opra ended delay line; 

• or being connected into aring oscillatorvriud! can be oontroUed in a PLL 
configuration; 

• or braig connected into a deli^ line which can be controlled in a delay locked 
loop (DLL) configuration. 

Every said edge skew amounts to a fraction of a sampling clock period 
The SSP invention comprises measuring time intervals between active wave form 
edgea» as being composed of said edge skew of a front edge of the incoming 
waveform, an integer number of san^ling clock periods between the front edge 
and an end edge, and said edge skew of the end edge of ^ wave-fbrnt 

The SSP invention further comprises a parallel multiphase processing of incoming 
signal by assigning consecutive parallel phases for the capturing of edge skews 
and/or processing of other incoming wave-fom data with clocks which 
correspond to consecutive ^unpling clocks. 

Consequently the SSP invention con^rises using 1 to N parallel phases which are 
assigned for processing incoming signal data with clocks correspondiiig to 
sampling clock periods number 1 to N, as it is further described below: 

• circuits of phase 1 process edge skews or phase skews or other incoming signal 
data with a clock which corresponds to the sampling clock period number 1; 

• circuits of idiase2 process edge skews or phase skews or other incoming signal 
data with a clock which corresponds to the sampling clock period number 2; 

• finally circuits of phaseN process edge skews or phase skews or other 
incoming signal data with a clock which corresponds to the sampling clock 
period number N. 

Said parallel multiphase processing allows N times longer capturing and/or 
processing times for said multiphase stages, compared with a single phase 
solution. 

The SSP invention includes parallel stage processing of incoming ^gnal by 
providing multiple processing stages >^ch are driven by the same clock \i^ch is 
Implied simultaneously to inputs of output registers of aU the parallel stages. 

The SSP further comprises a synchronous sequential processing of incoming 
signal by using multiple serially connected processing stages with eveiy stage 
being fed by data from the previous stage which are clocked-in by a clock which is 
synchronous with the sampling clock. - 

Since eveiy consecutive stage is driven by a cbck which is synchronous to the 
same sampling clock, al I die stages are driven by clocks which are mutually 



en 023B9969 2002-09-23 



4/30 

syncfaronous but may have some constant phase displacements versus each other. 
The SSP futtiier comprises: 

• merging of processing phases >^ch occurs if multiple parallel processing 
phases are merged into a smaller number of parallel phases or into a single 
processing phase, v4ien passing fiom a one processiiKg stage to a next 
processing stage; 

• splitting of processing phases ^ch occurs if one processing phase is split 
into multiple processing phases or multiple processing stages are split into 
even more processing stages, when passing finom a one processing stage to a 
nesct processing stage. 



The SSP mventioo includes a sequential clock generation (SCG) circuit which 
uses said clock selectors and said sub-clocks: to generate SSP docks which drive 
said parallel phases and said sequential stages, and to generate selector switching 
signals for said merging and splitting of processing phases. 

The SSP invention includes time sharing of said parallel phases: which is based on 
assigning a task of processing of a newly began wave-form pulse to a next 
available parallel processing phase. 

The SSP comprises a sequential phase control (SPC) circuit, v^ch uses results of 
a wave edge decoding and said SSP clocks, for perfonning said time sharing phase 
assignmrats and for fivtha control of operations of an abeady assigned phase. 

The SSP comprises passing ou^nits of a one paialld phase to a next parallel 
phase, m order to use said passed outputs for processing conducted a following 
stage of the next parallel phase. 

The outputs passing is performed: by le-timing ou^ut raster bits of the one 
phase by clocking them into an output register of 4ie next parallel phase 
simultaneously wift processing results of the next parallel phase. 

Tlie SSP further comprises all the possible combinations of the above defined; 
parallel multiphase processing, parallel stage processing, syndironous sequential 
processing, merging of processing phases, splitting of processing phases, and 
outputs passing. 

Hie SSP invention inchides processing stage configurations using selectors, 
aritiunometers, and output registers, which are arranged as it is defined below: 
• input selectors select constant values or ou^utsofprevious stages or outputs . 

of parallel stages or an output of the same stage to provide arithmometer 

inputs, and aritfamometer ou^ut is clocked-in to an output register by a clock 

which is synchronous to the sampling dock; 
« multiple arithmometers are fed with constant values or ou4)uts of previous 

stagies or outputs of parallel stages or an output of the same stage, and an 
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output selector selects an arifiunonu^ output to be clocked-in to an output 
register by a clodc synchronous to the sampling dock; 
• fte above defined configuration as being sundemented by usin^ 

an output selector of a parallel processing stage for controlling output selector 
functions. 

Piroper anangements of said parallel and sequential combinations and said stages 
configurations provide real time processing capabilities for very Mdde raises of 
signal frequencies and enable a wide coverage of veiy diversified iqspUcation 
areas. 



The DSP MSP invention comprises two different methods for accommodating a 
phase skew between the sampling clock and a clock which drives the incoming 
wave*fonn» and both methods allow elimination of ambiguities and errors in 
decoding incoming signal data patterns. Said two metfiods are fimfaer defined 

below: 

• a clock synthesizer is used for producing tite sampling clock, which will 
maintain jBrequency or phase alignment with tbe clock whtdi drives the 
incoming wav&>fofm; 

• expected phase skews between the sampling clock and the wave-form driving 
clock are calculated and used to correct measurements and data patterns 
decoding of the incoming signal pulses; 

• both above mentioned methods include measurements of phase or fieqoency 
deviations of the incoming signal clock versus the sampling clock, and using 
said measurements results to control the clock synthesizer or to calculate the 
expected phase skews. 



The DSP MSP invention comprises a fractional bit stafBng (FBS) which improves 
accuracy of fixed point arithmetic fax beyond of what conventional solutions could 
offer. 

The FBS uses processing arguments which are expressed as a s^es of tenns, 
where each term may have a differently staffed last bit or several last bits. Said 
differently staffed last bits e7q>ress a ^tional value which is combined with 
previous bits which express a constant morB significant part of a processing 
argument. 

The DSP MSP cumulative processing opmtions are split into a series of basic 
addition or subtraction or comparison operations. Every said consecutive term, of 
a jnrocessing argummt of a cumulative operation, is used (or processing performed 
during a corresponding consecutive basic operatioa 
Consequently using the FBS enables reducing of a total error of a long cumulative 
processing operation to a single last bit resolufion. 

The DSP MSP invention comprises: using phase differences betwm mcoming 
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signal pulses identified with the MSP captures and expected data patterns defined 

by sampling clock periods, for processing of the incoming signal and for detecting 

data patterns delivered by incoming signal pulses. 

The DSP MSP invention furtha conq^rises more conventional method, which 

calculates whole time intervals of incommg signal pulses and divides them by 

time intervals of expected data patterns which would be defined in sampling clock 

periods. 

It shal 1 be noted however; (hat said use of fhe phase di ffisrenoes, which are small 
fitictions of the whole intervals, allows significant reductions in processing time 
and in processing hardware. 

The DSP MSP invention includes noise filters for digital filtering of a c^tured 
wave-fonn, which include the circuits listed below: 

• filter mask registers and filter control registers which can be downloaded fiom 
thePCU; 

• digital filter arithmometers ^ch use the mask registers contrat for correcting 
captured wave-forms in accordance with control codes provided by said filter 
control registos; 

Said noise fiitecs iurther include addmg a second noise filter stage in every noise 
filtering parallel phase for the purpose of extending a range of a filtered waveform 
beyond a boundmy of a single phase. 

Said second filter.stages shall have the same basic circuits as the above mentioned 
first filter stages. 

In order to allow said boimdary cTCtension, cany over bit or bits of an ou^ut 
register of said first filter stage of one phase shall be clocked*in into an output 
register of the first filter stage of a next phase together with filtering results of the 
next phase. Consequently the second filter stage o f the next jrfiase shall use the 
output register of the first stage for filtering a wave-form interval which extends 
through both said phases. 

The DSP MSP invention inchides phase processing stages (PPS), which can 
perform listed below operations: 

• calculating the fipont edge skew and tiie end edge dcew of the in-commg wave- 
form pulses; 

• combiinng said edge skews with other indicators of pulse duration and phase 
deviations between the sampling clock and a clock which generates tiie 
incoming wave-form; 

• evaluating the resulting timmg of the incoming wave-form pulses versus 
expected timing values which correspond to interpretation patterns of the 

incnming sigTial; 

• cooununicating results of the above mentioned operations to other circuits of 
the DSP MSP. 
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The DSP MSP invention includes periodical skew accumulation (PSA) circuits, 
which can perfonn listed below operations: 

• providing amounts of phase skew between the sampling clock period versus an 
expected period of a clock which drives the incoming signal; 

• providing said phase skews as being different for evciy individual sampling 
clock period; 

e reading the next set of said phase skews from external circuits, and seamless 
attaching them to a present set of the phase skews; 

• calculating accumulations of said phase skews for every pulse or for 
combinations of pulses of the incoming signal; 

• synchronous communicating of said accumulations of the pulse skevra to the 
phase processiAg stages and/or to other parts of the DSP MSP. 



The DSP MSP invention further includes received data collection (RDC) circuits 
for performing the operations, which are listed below: 

• using outputs of the PPS and the PSA circuits for detecting and registmng 
incoming data patterns; 

• seamless combining of the registered data patterns into unified data blocks 
consisting of fixed number of bits or bytes; 

• seamless communicating of tiie unified data blocks to an internal control unit 
and/or to an external unit 



The DSP MSP invention comprises data frequency capturing (DFC) drcuits. for 
providing listed beiow operations: 

• using outputs of MSP processing for detecting and registering time int^vals of 
incoming signal pulses defined by the incoming signal clock; 

• using outputs of RDC circuits for detecting aiid registering time intervals of 
the data patterns defined by the sampling clock, which correspond to tfie above 
mentioned already registered time intervals of incoming signal pulses; 

• seamless combining of die pulses time intervals bounded with the 
corresponding data patterns intervals into frequency measurement blocks 
providing relation between a frequency of the incoming signal clock and a 
frequency of the sampling clock; 

• seamless communicating of the fiequenpy measuronent blocks to an internal 
control unit and/or to an external unit 



The DSP MSP invention comprises wave-form screening and capturing circuits 
(WFSC), for providing listed below operations: 

• using programmable data masks and programmable control codes for verifying 
incoming MSP captures for compliance or non-compliance witii a pre- 
programmed screening patterns; 

• buffering captured data for which die pre-programmed compliance or non- 
ooaq>Kattoe have been detected; 
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• counting a number of the above meotioned detections; 

• communicating both the buffered cc^tured data and the number of detections, 
to an internal control unit and/or to an external unit; 

• using programmable time slot selection circuits for selecting a time interval for 
ivfa] ch inoonung MSP captures shall be buffeied and conununicated to an 
internal control unit and/or to an external unit. 



Said PCU comprises implenientation of the functions listed below: 

• programming of verification functions and patterns for checking captured 
wave-fomis for compliance or noncompliance with the patterns; 

• readiog verification results and reading captured wave-forms which 
correspond to the preprog ram med verification criteria; 

• reading captured wave-forms which can be pre-selected by the PCU arbitrarily 
and/or based on other inputs fiom the SSP; 

• programming of noise filtering fimctions and noise filtering masks for filtering 
captured wave-forms; 

• reading results of real-time wave-form processing from the SSP, processing 
the resuhs and providing control codes and parameters for further real-time 
wave-form processing in the SSP, in accordance with adaptive signal 
processing algorithms; 

• reading output data fit>m the SSP, inteipredng dse data> and communicating 
the data to external units. 



The DSP MSP invention comprises said SDR MSP circuits » which further include 
listed below features: 

• multisampling of every individual bit of a received data stream; 

• detection and r^istrationofa phase ofeveiy rising or falling edge of the 
received data stream; 

• filtering out received signal noise; 

• using lengths ofa pulse ofthB^u^omu)g signal for calculating a number of 
data bits received in the pulse; 

• registration of the detected data bits and seamless communication of the 
received data to an mtemal control unit and/or to an external unit 
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DESCRIPTION OF THE PREFERRED EMBODIMENT 

htrodHctioB Iff ft^ prrferral mMiffifflt 

The preferred embodiment implements the above defined general components of 
the DSP MSP in a configuration which provides said Sequential Data Recovery 
Sum Multi Sampled Phase (SDR MSP) of an optically received wave-form. 



SMPPling CkHsIn and Wave CnpturiBy 



Accordingly the invention provides Sampling Clocks and Wave Capturing 
(SC&WC) circuits (see FIG J, Fia2A and FIG.2C), for a high-resolution 
sampling and registration of a measured high fiequency wave-form whidi are 
performed by the first stage of the SDR MSP. 

Said high resohition is assured by using all the outputs of the inverters of the 
PLLxL ring oscillator* in order to sample the incoming measured time wave 
(MW) by cqyturing the MW signal in the first wave register (] W 
second wave register (2 WR). 

Any falling edge of the ClkO reverses the ou^ of the flip-Ac^ PRO, which 
represents the first bit of the phase register signal PR(R:0). 
Since the falling edges of consecutive ring oscillator clocks Clkl to ClkR 
propagate the output of the PRO through the phase register bits PRl to PRR, 
mutually reverse patterns 101.. .101 and 010.. .010 ate being constantly shifted 
through the phase register bits 0 to R. 

Hierefbre; the pattern 101 ...101 can be used to identify the time slots that allow 
selecting corresponding clocks CIkO to ClkR during odd periods of the ring 
oscillator, and the pattern 010...0I0 can be used to identify the time slots that 
allow selectiiig corresponding clocks CDcO to ClkR during even periods of the ring 
oscillator. 

The above mentioned selection method enables the Clk(0:R) signals to produce 
glitch free clocks for capturing the MW signal in the 1WR/2WR for fte odd/even 
cycle of the ring oscillator 

Said ability to use the two wave registers for sampling die MW during two 
consecutive cycles, doubles a frequency of MW whidi can be processed by die 
SDR MSP. 



The M W frequency range is enhanced even further, by reloading the 1 WR to its 
first and second wave buffer ( 1 1 WB and 1 2 WB), and by reloading the 2 WR to its 
first and second wave buffer (21 WB and 22WB)! 

The 1 WR is reloaded to its first^second wave buBTer (I I WB/1 2 WB) by the signals 
1 lClkl/12ClkU which are generated as it is explained below. 
As it is shown in FIG.2A and FIG.2C; a felling edge of the ClkO reverses the flip- 
flop 1 ISEL if the PR0»1» and a Miiig edge of the ClkO reverses the flip-flop 
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21SELifthePR(M). 

Consequently; the signal 1 IClkl / \20k\ is activated at (1 1SEL=1)&(PR0='1) / 
(I lSEm))&(PRO=i) , and the signal 21ClkI / 22Clkl is activated at 
(1 1SEL«0)&(PRO=0) / (1 1SEL«1)&(PR(H)). 

Scqpential aocks GeneratloB (SCG) and Dirifal Noise FOtew (Wm 



The purpose of the SCG ciicuits is to provide all the SDR MSP internal clocks, 
^ffbkh ^1 synchronize; uploading of incoming data samples into a parallel 
processing phases of dse SDR MSP, and downloading the results of samples 
processing througli consecutive stages of the SDR MSP. 
The preferred embodimea&t covers the SDR MSP, v^iiich has two basic parallel 
processing phases; a processing phase one and a processing phase two. 
Since the processiiig phase one and the processing phase two are built with 
xdratical camponents^ only the phase one is usually shown in drawings rfgfinmg 
the SDR MSP. 

As it is shown in FI0.2A and FIG.2B, the processing phase one and the 
processing phase two are driven by similar sets of docks yAtidti occur in 
alternative time periods for any particular stage of (he SDR MSP. 

Said uploading is started by the above mentioned signals llCIkl/12Clkl and 
21Clkl/22Clkl. 

The uploading to the 4 wave buffers (1 1 WB, 12WB, 21 WB, and 22WB), results 
in two sub-pbases being created for the phase one and the otter two 5ub*phases 
being created for the phase two. 

As it is shown b F1G.3A/B/C, FI0.2C/D and FIGA FI0.4A, said downloading is 
implem^ted; by the clocks lClk2, lClk3 and lClk4ena-lCIk9ena and their 
derivatives &r the corre^ndmg stages of the phase one, and by the clocks 2Clk2, 
2Clk3 and 2Clk4ena-2Clk9ena and their derivatives for tiie corresponding stages 
of the i^iase two. 

As it is shown in FIG2A, the lClk2, 1 Cik3 and lClk4ena^lClk9eaa are driven by 

the ring oscillator output clocks ClkR-CIk(R-7), which provide decreasing phase 

delays between consecutive clocks which download the cotresponding 

consecutive stages of the phase one* The sufiSx "ena*" indicates that clocks are 

activated only, when tfieir phase l/phase2 stages are actively processing sampling 

data which have been received during odd/even sampling periods (see also Sec. 

"Sequential Phase Control and Phase Processing Stages'*). 

The decreasing phase delays of the oscillator output clocks ClkR-Clk(R-7) 

increase hold-on time margins for every stage, since every stage is downloaded 

fiom a previous stage vvhich is downloaded by a delayed clock. 

lie SCO also generates; lClk4fio/2Clk4fio clocks which are activated ordy when 
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a ftoflt edge is downloaded to the first processing stage of the phasel/phase2, and 
lClk4-lClkl4/2Clk4-2Clk9 clocks ^ch remain active all the time. Some of the 
above mentioned clocks like the ICIklO-lClkU are used to drive sequential 
processing stages >vhich perform SDR MSP fimctions which are common for all 
the sampling data bring processed by both processing phases (see also Sec. 
"Received Data Collection" and Sec. "Data Frequency Capturing"). Therefore the 
SCG does not generate corresponding to them 2ClklO-2Clkl4 clocks. 



The Digital Noise Filters (DNF) are implemented by the second and the third 

stages of the SDR MSP, as it is described below. 

The second stage uses the digital filter arithmometers 1 lDFAl/12DFAlfor 

correcting the captured wave-forms by reducing noise which can be identified as a 

set of deviations fiom expected wave*form and/or data patterns. 

The 1 1 WB/12WB are connected to the digital filter arithmometers 

1 1DFA1/12DFA! (see FIG.3A), ^ch are fisd to the digital filter re^stos 

11DFR/12DFR. 

The programmable control unit (PCU) determines logical and/or arithmetical 
processing which the 1 1DFA1/12DFA1 shall perform, by pre-loading the filter 
control register (FORI) with a control code which is ^plied as the FCR1(P:0} to 
thellDFAl/12DFAl. 

Additionally the PCU determines the mask FMR1(R:0) which the captured data 
1 1 WB(R:0)/12WB(R:0) shall be processed against, by pie-loading the filter mask 
register (FMRl). 

In addition to the ou^^uts of the distal filter arithmometers 1 1DFA1/12DFA1 of 
the phases 1 1/12: several cany over bits (22DFAl(Cov)/21DFAl(Cov)) fiom the 
arithmometers of the previous parallel phases 22/21 , are re*timed into the digital 
filter registers 11DFR/12DFR by the clocks lIClkl/12ClkL 
Similarly cany over bits (1 lDFAl(Cov)/12DFAl(Cov)) fiom the arithmometers 
of the phases 1 1/12» are re-timed into the digital filter registers 21DFR/22DFR. 
Said carry over bits fiom the previous parallel phases allow the next third stage of 
the DNF to filter incoming wave-form pulses which extend beyond a boundary of 
a single capture register. 

The 1 1DFR/12DFR are connected to the digital filter arithmometers 

1 lDFA2/i2DFA2 (see FIG.3A), which are both jfed to the digital filter register 

(IDFR) through the 2:1 selector (2:iSEL). 

Similarly as for said second stage: 

The programmable control unit (PCU) determines logical and/or aiithmeticai 
ivocessing which the 1 1DFA2/1 2DFA2 shall perform, fay pre-loading the filter 
control register (FCR2) witii a control code ^ch is qiplied to the 
11DFA2/12DFA2. 

Additionally the PCU determines the mask FMR2(R:0) which the pre-Shered data 
1 IDFR/12DFR shall be processed against, by pre-loading die filter mask register 
(FMR2). 
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Hie 1 ISEL sigoal equal to I/O selects tiie 1 1DF^(R:0)/12DFA2(R:0), to be 
downloaded to the phase one digital filter register (IDPR) by the clock lClk2 (see 
FIG.3AandFia5A). 



Seqqcptiai Phase Contrei and Phase ProttMiay StayM 

The Sequential Phase Control is shown in the FIOJZB and the Phasel PzocessiQg 
Stages 2 to 8 (IPPS) are shown in the FIGJA. 

The binaiy edge encoders (BEE) are implemented by the third stage of the SDR 
MSP, in order to convert filtered sampling data into binary encoded transition time 
of the filtered MW signal. 

The phasel front edge encoder (IFEE) detects a last transition of the MW during 

the sampling period, end produces a hmaiy number of sampling clocks which 

occurred between the beginning of the sampling period and tibe last transition. 

The phasel end edge encoder (IEEE) detects a first transition of the MW during 

the sampling period, and produces a binary number of sampling clocks between 

the beginning of the sampling period and the first transition. 

Whenever only one transition of the MW occurs during a sampling period (Ps), a 

difference of the IFEE minus the IEEE shall amount to 0. 

If two transitions of the MW occur, the difference of the IFEE minus Ae 1 EEE 

shall amount to a positive nonzero number of sampling clocks which occurred 

between the transitions. 



The binary number from the output of the 1 FEE is loaded into tiie phasel front 
edge buffet (IFEB) by the strobe signal lClk3. It shall be noticed that the active 
bit IFEB(A) is set to 1/0, if there is/isn*t any MW transition during the presently 
analyzed phase one cycle of the ring oscillator. 
Similariy, the binary number from the output of the IEEE is loaded into die 
phasel end edge buffer (IEEE) by the strobe signal !Clk3. It shaU be noticed Hm 
the active bit 1EEB(A) is set to 1/0, if there isTisnt any MW transition during Oe 
presently analyzed phase one cycle of the ling oscillator. 

Similarly to the above described phase 1 circuits, phase two cycle of the ring 
oscillator has corresponding to it edge encoders and their buffers: 2FEE, 2FEB, 
2EEEand2£EB. 

Each of the above mentioned second phase bufi^ has sunilar active bit A set to 
l/0» if there is/isn*t any MW transition during the conesponding phase two cycle 
ofthe ring oscillator. 

In the above described SDR MSP stages tram 1 to 3 , the phases 1 and 2 worked 
synchronously with the ring oscillator cycles which fed the phasel with results of 
odd sampling cycles, and fed the pha5e2 with results of even sampling cycles. 
In onler to aocommodale tecomiiig sequences of Is or Os having unknown lengths, 
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furtber stages of the SDR MSP phasel are assigned to processing a whole interval 
of the MW having &e same signal level and contained between two nei^boiing 
tiansitions, and conesponding stages of the SDR MSP phase2 are assigned to 
processing a whole next interval of the MW having the same signal level and 
contained between next two 

ndghboring transitions. Said inte^tran8itioA intervals are also called data strings 
in further part of this document 



The above mentioned assignments of the phase 1 and the pha5e2 circuits for 
processing consecutive inter-transition intervals of flie MW and control of the 
processing functions, ere performed by sequential phase control (SPG) circuits 
^ch are described below and are shown in FIG2B (see also FIG.2D and 
FI0.3A/B/C/D). 

The phase a^gnments are driven by the 1 F/2E flip-flop as it is described below. 
The 1 F/2E flip-flop active hi^ indicates that ihe phasel front edge register 
(1 PER) received or is going to receive a front edge location of the MW data string 
y»MA shall be processed by the next phasel circuits of the SDR MSP. 
Since every phasel^hase2 cycle consists of two sampling clock periods, the 
1F/2E flip-flop is reversed ^enever the 2FEB(A>=1 condition passes throu^ the 
lClk4 pulse or the IFEBCA)^! condition passes through the 2Clk4 pulse. 
Therefore the 1F/2E flip-fiop is deactivated when Ae end of Ae curmtly 
processed MW interval is signaled by die 2FEB(A)»I condition or by the 
1FEB(A)=1 condition. 

The inverted output 2F/1E-] of the above flip-fldp, indicates that the phase2.fiont 
edge register (2FER) received or is going to receive a front edge location of the 
MW interval which shall be processed by the next phase2 circuits of the SDR 
MSP. 

Therefore the lF/2E»l/0 indicates that the friiasel/phase2 circmts have been 
assigned fiir processing of a MW interval which is currently entering the stage4 of 
the phasel/phase2 accordingly. 

The 1F/2E=1 allows activation of the phasel selected flip-flop (IPS), by the rising 
edgcofafirst2CIk4. 

Ihie IPS flip-flop^l activates the 1PE4 signal* which allows activation of Ae 
1PE5 flip-flop by the rising edge of the next 2Clk4. 
The 1FE4 si^ial can be also activated; by the IFSCwinN signal which is driven 
low when a front edge occurs during a second sampling cycle of phasel cycle, and 
by the 1 FFCN signal which is driven low when a front edge occurs during a 
second sampling cycle of phasel . 

Said IFSCwinN « 0 activates the 1PE4 before the first lClk4 instead of waiting 
for the first 2Cik4 v^ch will encounter the 1F/2E - high condition. 
The above cxpleinai IPE4 by the IFSCwinN activation, allows the 1PE4 to 
enable lClk4ena clock for cqmiring the 2EEB content in the lEER (see also, 
FI0.2A and FIG.3 A), for the case of a single cycle string which has both front and 
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end edges captured during a single cycle of the phasel clock (see further 
description of the single cycle SC signal). 

When end of string detection resets the 1F/2E flip-flop, the IF/2E=0 allows 
deactivation of the 1PS/1PE5 by the rising edge of a first/second 2Clk4 
accordingly. 



The IPES is propagated downlfaiougli 1PE6 to IPEIO flip flops by the 
consecutive clocks 2Clk4 to 2Clk9. The 1PE4 to 1PE9 flip flops are used to 
enable/disable stages 4 to 9 of the SDR MSP by enabling/disabling consecutive 
clocks lCik4ena to iClkOena which drive the stages 4 to 9 (see also FI&2A). 

A front edgeof the string, which shall be processed by thephasel, can be 
signaled; by the 1F£B(A) activating die phase! front first cycle (IFFC) flip-flop, 
or by the 2FEB(A) activating the IFSCwinN signal. 

When a front edge of the string is signaled by the IFFC or by the 1 FSCwihN, the 
signal IFe4ena is activated The lFe4ena enables the clock ICtk4fro, which stores 
the front edge position in the phasel front edge register (IFER). The IFER stores 
the fit}nt edge position until a string end is readied. When the end edge is 
c^tured in the lEER, the IFER is subtracted from the lEER and the result is 
passed to the phasel edge skew register2 (1 ESR2). 
When no edge is detected during all the mtermediate sampling periods, it is 
assumed that all the edgeless intermediate samples propagate the front edge 
position until an end edge cq>ture makes the subtractiori possible. 
The above propagation splits the MW interval into multiple subintervals having 
lengths of one or two sampling cycles, where the final 5id)inteTval is supplemented 
tiy adding tile subtraction resuh. 

The above mentioned SPC control functions allow a fiiont edge to be stored in the 
phase! front edge register (IFER) until an end edge is loaded to the phasel end 
edge register (lEER): consequently the stages 4 and S are used to calculate a 
phase skew between die front edge of fte string, which has been "propagated" 
through said intermediate sampling periods, and the end edge of the string. The 
calculated phase skew is loaded to the 1 ESR1/1ESR2 by the clocks 
1 Clk5ena/lClock6ena accordingly. 

The calculated phase skew plus all the edgeless sampling periods, which occuned 
between the front edge and end edge sampling periods, amount to a total length of 
a data string measured by the SDR MSP sanr^>ling dock. 



The lF/2E»t/0 selects the 1FEB/2FEB to be loaded into the phasel front edge 
register (IFER) by die dock lClk4fio. 



The phasel second edge seleet lSEsel^l/0 sdects: the 2EBB/1EEB to be loaded 
into die phasel end edge register (lEER), and die 2FEB/1FEB to be loaded into 
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the phasel second edge register (ISER). 

ThelSEseNl is generated yAen a string ending edge occu^ 

of two sampling clock cycles, which sq^ply data for a single period of the phasel . 

ThelSEselissetto 1; 

iflFEB(AH); 

elscif(2FEB(A>=l)&(lFFC=l),>^ 1FFC=1 signals that the front edge of an 
inte^transit^on interval occuned during the first of two sampling clock cycles 
which supply data for a single period of the phase 1 . 

The phasel single cycle ISOl signals that the front edge of an inter-tiansition 
interval occurred during the first of the two sampling clock cycles and the end 
edge of an inter^transition interval occuned during the second of the two sampling 
clock cycles which correspond to a single period of the phasel. 
The ISC is set to 1/0 by the rising edge of the lClk4, 
if (2FEB(A)=1) & (IFFOl) = 1/0 accordingly. 

The phasel end select lENDse]=l/0 selects Ac lFER/0 and lEER/0 to be 
provided as the arguments of the phasel edge skew arithmometerl 
(lEdg.Ske.ArJ). 

The 1 ENDsel»] is generated when: 

the end edge of the inter-tnuisition intoval has occurred during ai^ of the two 
sampling cycles which constitute a single i^iasel cycle. 
ThelENDseltssettol: 
ifthelSCissettol; 

else if the lEFC4/EFC4N=l/0, where the IEFC4NH) signals that the end edge of 
an inter-transition interval has occurred during the first of the two phasel related 
sampling cycles; 

else if the ESOl, where the lESOl signals that the end edge of an int^- 
transition interval has occmred during the second ofthe two phasel related 
samphog cycles; 

The phasel single cyclie interval lSIN4enar»l/0 indicates a number of sampling 
cycles ^ch are contributed to a total string lengths, by a string &ont subinterval 
or by a string end subinterval as c^>tuied by the two phase 1 related sampling 
cycles. 

The lSIN4ena/lSIN5ena has timing, which propagates the single cycle 
information to the stage4/stageS and allows it to select data for being captured by 
the 1 Clk4ena/lClkSena accoidingly. 

The ISINSma controls a number of incremental phase skew bits which are added 
to the periodical skew accumulator (see Sec. "Periodical Skew Accumulation'*). 
The ISINSena is further delayed by the IClkS in order to produce the lSIN6ena, 
^cb similariy controls the number of data bits which are collected from the 
string front and enid subintervals (see Sec. "Received Data Collection**). 
The lSIN4ena=I is activated when: 

a string front or end sub-interval, which is captured by the two phasel related 
sampling cycles, is not bigger than »ngle sanqiling cycle. 
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ThelSINissettol: 

if Ihe lFSCooly=l , whm the IFSConly^l signals that Ae front edge of an mter- 

transition interval has occurred during tiie second of the two phasel rdated 

sampling cycles; 

elseifthelSOl; 

elseiftbelEFC4»l. 

The front edge indicator IFe4ena active 1 deteimines if a front edge of a data 
string is loaded into the IFER by enabling the lCLK4fio clock (see also FI0.2A) 
The IFe4ena is activated when: 

a front edge is signaled by the IFFOl during the first sampling cycle, or by die 
IFSCwinN - 0 during the second sampling cycle. 
Hie lFe4ena derivatives lFeSena/lFe6ena are le-timed by the lClk4/lClkS in 
order to propagate the fitint ed^e indication and make diem usable for die 
lClk5ena/lClk6ena clocks accordingly (see also FIG.3B, FI0.3C). 

The end edge indicator lEe active 1 shows if an end edge of a data string is loaded 
into the lEEIt 

The lEe is activated when an end edge is signaled: 

- by the lEFOl during the first sampling cycle; 

- or by die (2FEB(A)==1) & (IPS*1) » 1 during the second sampling cycle; 

- orby the ISCENfiir a single cycle string which is contained in a single phasel 
cycle. 

The lEe indirator is downloaded into the lEER and finther tioough the next 
stages of the SDR MSP as E bit, in order to control the Periodical Skew 
Accumulation and the Received Data Collection (see FIG.3A/FIG.3B/FIG JC). 

For every sampling cldck cyde, which occurs during MW inter^ransition cycles 
of die phasel, two explained below basic functions arc perfoimed: 

- a data bit is added to a data string which corresponds to the MW inter- 
transition interval (see Sec. "Received Data Collectibn"); 

• a phase skew, which is expected b^een a sampling clock period and a period 
of a received data bit, is added to the phasel skew accumulatorl (IPSAl) as it 
is further explained in the Sec. "Phase Skew Accumulation'*, 

While the above mentioned functions are being perforaied by the Received Data 

CoUecdon and by the Phase Skew Accumulation* ou^ts of die Phase Processing 

Stages (see FI0.3A) are ignored until die end of die string. 

In order to explain operations of die Phase Proces^g Stages at die end of a data 
string, listed below estimates shall be made: 

- the content of the above mentioned 1 ESR2 never exceeds +/• Ps (where Ps is a 
sampling clock period), because die 1 F£R and lEER can never exceed IPs 
value and die 1ESR2 is loaded widi dieir subtraction result; 

- die content of the IPSAl never exceeds +/- 1.2Ps, because eventual 
positive/negative IPSAl overflows are conected by subttacting/adding an 
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aie being collected. 



When the end of the string is reached, the Phase Process^ 
functions \^ch are explaused below. 

The 1 FER is subtiaeted fonn the 1 EER and the resulting phase skew between the 
fiont and eod edges is transferred into the phasel edge skew iegistei2 (1ESR2). 
The IPSAl and the 1ESR2 are added and the result, v^di is not greats thm 
2.2Ps, is loaded into the phasel final skew register (IFSR). 
The IFSR content is evaluated for how many received data bits it corresponds to 
and used to modify lengths of the data string, as it is furdier e3q)lained bel^^^ 
If IFSRO^) = 1 indicates positive IFSR content: IFSR - 1 .SPe is loaded into the 
phasel double length register (IDLR), and IFSR • 0.5Pe is loaded into the phase! 
single length register (ISLR) (where the Pe is an aveiaged expected data bit pmod 
wtuch is calculated and provided by the PCU). 

A positive IDLR content indicated by the 1DLR(P) = I, shows that the IFSR 
content shall be ^roximated to *t-2 data bits which need to be added to the data 
string by the Data Collection circuits. 

A negative IDLR content indicated by the 1DLR(P) » 0 and a positive ISLR 
content indicated by the 1SLR(P) « 1» show that the IFSR content shall be 
approximated to +1 data bits which need to be added to the data string by the Data 
Collection circuits. 

Wien the 1 SLR is negative, the 1 SLR(P) » 0 indicates that the 1 FSR content shall 
be approxinuted to 0 data bits and nothing is added to the data string by ^ 

Collection circuits. 

If 1FSR(P) = 0 indicates negative IFSR content: IFSR + K5Pe is loaded into the 
phasel double length register (IDLR), and IFSR O^Pe is loaded into the phasel 
single length register (ISLR). 

A negative IDLR content indicated by the IDLR(P) = 0, shows that the IFSR 
content shall be q)proximated to •2 data bits and 2bits need to be subtracted from 
the data string by the Data Collection drcttits. 

A positive IDLR content indicated by the 1DLR(P) = 1 and a negative ISLR 
content indicated by the 1SLR(P)^0, show that the IFSR content shall be 
approximated to —1 data bits and 1 bit need to be subtracted from tfie data string 
by the Data Collection circuits. 

When the ISLR is positive, the 1SLR(P) = 1 indicates that the IFSR content shall 
be ^proximated to 0 data bits and nothfaig is subtracted from the data string by 
the Data Collection circuits. 



When incoming data periods are smaller than sampling clock pmods, the above 
e3q)lained second edge captured in the 1 FEB may differ from the above explained 
first edge captured in the lEEB. Resulting interval between the two different 
edges corresponds to an additional data bit, which has data level opposite to a 
preceding data string. Said additional data bit is detected \fy subtractii^ the lEER 
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bom the 1 SER in Ac phase double edge arithmometer (1 DoiuEdg.Ar.)» which is 
foOcwed by the A>ODet. producing D = I signal if a non-zeio result occuis. TTie 
D indicator is downloaded to the phase 1 double edge register (1 DER) and further 
down to the stages of the Received Data Collection as the 1DER(D) bit 

Periodical Skew Accnmnlatioii ffSA^ 

While sampling clock period Ps can be kept close to expected period of received 
data bits Pe and a number of received data bits can be close to a number of 
sampling clock periods, they may be not the same. 
Consequently periodical phase skews (Ps-Pe) between data cq}turing sampling 
clodcs and received data bits can acicunnilate, and resulting periodical skew 
accumulation may become significant enough to require modifications of the 
registered number of sampling clocks, in order to receive an accurate number of 
data bits for a long data string. 

In addition to the periodical phase skews there are also digitizing enors caused by 
digital processing of lengths of captured data strings, which can accumidate as 
well and contribute significant errors for longer strings. 

The cumulative enor fiom periodical phase skews is corrected, as it is e}q)lained 
below: 

• an expected value of aperiodical phase skew (Ps-Pe) b added to the phasel 

periodical skew accumnulatorl (IPSAl), for every sampling clock period 

^ch occurs during the whole data string; 
- poative/negative ov^ow of the IPSAl is corrected by subtracting/adding Pe 

fiom/to the 1 PSA 1 , while the Received Data Collection adds/subtracts the 

corresponding data bit to/torn the current data string. 
Said accumulation of digitizing errors is eliminated by facilitating use of different 
skew increments values for representing the p^odical phase skew (Ps>Pe) fox 
consecutive sampling clocks. Said use of the different skew increments allows any 
fiactional value of Ae periodical phase skew to be ei^ressed by a series of digital 
numbers having property staffed last bit. 

In order to simplify further description of the preferred embodiment it is assumed 
that there are IS delay elements in the ring oscillator v^ch generates the sampling 
sub-clodcs and therefore there are 15 san^lirig sub-clocks during any sampling 
cycle. ^ 
Taking into account fiequency accuracy of inexp^ve commonly available 
crystal oscillators, a sngle value Ut plus a sign bit shall be fiiUy sufBcient for 
defining all the possible required periodical skew increments. 

Tlie implementation of the above mentioned PSA functions is shown in FIG.3B 
and PSA operations are further eaiplained below. 

The incieinental phase skews are loaded into the phasel skew increments register 
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(ISIR) from the PCU at the beginning of eveiy data string. 
The ISIR contains a series of 16 skew increments Sp(it+15) to Sp(n) ^ch are 
used for 16 consecutive sampling clocks referring to die same string, where every 
skew incrment is a single bit component. Since the skew inccements can be 
positive or negative, the 1 SIR has also the sign bit SIR(S) which is comnion for all 
the skew incrments and is loaded fiom the PCU as well . 
A string sub-intcTval which is processed during a single phase 1 cycle is usually 
captured by 2 sampling clocks, and a sub-interval which is aqmired by single 
sampling clock can occur only at the beginning or at the end of a data string. 
Tteefbre usually the eoi cells Sp(n-Hl),Sp(n) witii the SIR(S) arc added fay the 
phasel increments selected arithrnomet^ (lInc.Sel.Ar.) and loaded into the 
phasel skew increments buffer (ISIB) which is added to &e IPSAl, and for the 
single clock sub-intervals the end cell Sp(n) is loaded into the 1 SIB vriuch is 
addedto the ISIR. 

After utilizing a number of the end cells for the current sub-interval, the ISIR is 
shifted right by the nuinber of previously used cells, in order to make ncTCt cells 
available to be taken ftom the &ad of the ISIR for the next sub-interval. 

Following the series of the 16 increments; the ISIR has &e Sp(n-1) bit which is 
used for temporary storing of the Sp(n) increinent bit after a negative overflow 
correction* when the ISIB is downloaded fiom Ae 1 SIR which temporarily 
remains shifted too far by one bit 

The above mentioned operation of coirecttng IPSAl positive/negative overflow is 
performed when IPSAl positive/negative overflow bit 
lPSAl(Op)*l/lPSAl(On)=l accordingly. 

Said 1 PS Al (On,0p) overflow bits are re-timed with the 2Clk6 clock into 
lPSA2(0n,0p) bits, in order to make them available for a next cycle of the 
lClk4ena and IClkSena time slots. 

Said correction of a positive/negative overflow by subtracting/adding a Pe value, 
is implemented by subtracting/adding Ps - (Ps • Pe) » Ps - Sp, where Sp is a skew 
increment value of a particular received date bit. 

At the beginning of a string flie lFe6ena selects 0, as initial IPSAl content, to be 
accumulated with a skew increment in Ae IPSAl . 

Skew increments, which are added to IPSA! content, are selected by the two 3:1 
SEL selectors, which are described below. 

The first 3:1 SEL has INCsel(UO) ou^uts which provide selections, v^ch are 
explained below. 

- If lPSA2(0n) » 1 indicates negative corrections in the IPSA, the ISIB and the 
ISIR, a content of Sp(n),Sp(tt-t) is selected: in order to adueve conect ISIB 
content, when a correction of ISIR over^hifiing will not be ready until the 
next phasel cycle. 

• If lPSA2(0p) « 1 indicates positive corrections in the IPSA, the ISIB and the 
ISIR, a content of Sp(n+l),Sp(n+2) is selected: in order to achieve conect 
1 SIB content, whqi a correction of I SIR under-shifting will not be ready until 
the next phase! cycle. 
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• If (lPSA2(0n) = 0) & (lPSA2(0p) = 0). a straight Sp(n+l),Sp(n) is selected 

The second 3:1 SEL allows selections, which are explained below. 

If 1 SINSena&lFeSena ~ 1 indicate a string front sub-interval which is contained 

in a single sampling cycle^ 0 is selected; 

If (lSINSeDa'^)&(lFe5ena = 1) indicate a string front subinterval which is not 
contained in a single sampling cycle, or ^ ]SIN5ena&lBER(E) = 1 indicate a 
single (^cle sub-interval at the md of string or a single cycle string: &e INC$el(OX 
which usually contains the Sp(nX is selected. 

In all the olbar cases: die output of the lInc.Sei.Ar., Miiich provides INCsel(l) + 
INCsel(OX is selected 



In order to perform any accumulation, which may inchide overflow correction, 
within a single 1 Clk6^ cycle: 

- for regular phase skew accumulations without overflow corrections, the 1 SIB . 
content is added with the IPSA1 content by the phasel increments 
accumulator aridimometer (llncAccAr.), in order to be loaded into the 
IPSAl; 

- skew uicrement for a positive / negative correction is always loaded into the 
phasel positive skew buffer (IPSB) / phasel negative skew buffer (INSBX 
simultaneously with the above esqilairod regular skew incremeots being 
loaded into the ISIB; 

- the iPSB/lNSB content is added to tiie ISIB content hy the phasel po^tive 
skew arithmomettt (lPos^ke.Ar.) / the phasel negative skew arithmometer 
(lNeg,Skej\r.); 

- resulting output of the lPos.Ske.Ar. / lNeg;Ske.Ar. is loaded to the phasel 
skew buffw (IBSB), if the advanced positive overflow indicator 1 AA(Op) = 
I/O accordingly on the output of the lInc.Acc.Ar.; 

• the samplii^ period Ps is always subtracted/added from/to IPSAl content by 
the phasel positive adjustment arithmometor (lPo$.Adj.Ar.) / phasel negative 
adjustment ariOmometer (lNeg.Adj. Ar.X for a fiiture possible 
positive/negative overflow correction; 

- resulting output of the IPos^dj^. / lNeg«Adj.Ar. is loaded to the phasel bit 
adjustment buffer (IBAB), if the advanced positive ov^ow indicator 
lIAACOp) «= 1/0 accordingly on the output of tibe llncAccAr.; 

- in the next I Clk6ena cycle after the positive or negative overflow detection* 
the lPSAl(0n+0p) = 1 outputs combination selects the corrected IBSB 
content added with the corrected IBAB content for being accumulated in the 
IPSAl (mstead of the regular ISIB with IPSAl accumulation). 



Use 1SIR(15:0,S) is initially, at the beginning of a string, loaded with acontent of 
die phasel phase skew bufler 1PSB(1 SK),S) which is selected by the lF64ena to 
be ^plied to the input of the ]SIR(i5:0,S}. 

Since next periodical phase increments shall always be available at the end of the 
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ISIR, evety phase inciements accumulation shall be accompanied by a right 
shifting of the 1 SIR |yyti» number of phase inciments which were taken for the 
previoiis accumulation. 

Following the initial 1PSB{15:0,S) to 1SIR(15:0,S) downloading, said ISIR right 
shifting is controlled by the signals ISINSena&lFeSena, ISINSenaNftlFeSena, 
lPSA2(Oo) and lPSA2(0p) which select appiopriately shifted content of the 
ISIR(lS:Orl); as it is farther ddined below: 

- straight 1SIR(15:0,-1) is selected for the 4:1 SEL output lSIRsel(15:0r 1), if a 
single cycle front sub-interval is signaled by the lSINSena&lFeSena« 1; 

- the lSIR(lS:Orl) shifted by 1 is selected forthe lSIRsel(lS;OrlX if anon* 
single cycle front sub-interval is signaled by the ISINSexiaN&lFeSena » 1 ora 
negative overflow correction is signaled by the lPSA2(0n); 

- the lSIR(lS:Orl) shifted by 3 is selected for the lSIRseI(lS:Orl), if a positive 
overflow correction is signaled by the 1 PS A2(0p); 

- the lS[R(15:0rl) shifted by 2 is selected^ in all the other cases; 

- the lSIRsel(lS:0,-l) is loaded into the lSIR(lS:Orl), if there is no any 
downloading of next phase incronents from the PCU. 

The downloading of next phase increments from PCU is controlled by the {Aasel 
increments counter register (IICR), as it is furtiier defined below: 

• the lICR(Oz»2:0) is a modulo 8 counter with a zero overflow bit (Oz), which 
is set to 1 when a counted number crosses through 1 1 1/000 boundiy; 

- the IICR is initialized to 000 t)y the signal lFe4ena» at every beginning of a 
string; 

• at every beginning of a string the lFe4cna is send to the PCU to signal Aat 
1PSB(1 5H),S) has been taken and the PCU shaU make next 1PSB(1S:8,S) 
ready to be loaded to the 1 SIR; 

• following the initialization in every next phase! cycle, 0 is added to a previous 
1 ICR content if a single cycle front sub-interval is signaled by the 
ISINSene&lFeSena* U 1 is added to a previous lICRcontent if anon-single 
cycle front sub-interval is signaled by the ISINSeneN&lFeSena » 1 or a 
negative overflow ccnxection is signaled by the lPSA2(C>n), 3 is added to the 
ICR if a positive overflow correction is signaled by the lPSA2(0pX and 2 is 
added in all the other cases; 

- output of the 3:1 SEL lCOUsel(l)»l sdeds 1PSB(1S:8) shifted by 2 and 
merged with 1 SIR5el(5K),-l) to provide the output of the phasel merging 
selector lMERsel(15:0ri); 

- output of the 3:1 SEL lCOUsel(O) =1 selects IPSB(15:8) shifted by 1 and 
merged with lSIRsel(6:0rl} to provide the ou^ut lMERsel(15:0rl); 

- outputs of the 3:1 SEL (lCOUsel(l) =0)&(lCOUsel(0) =0) select straight 
1PSB(15:8) merged with lSIRsel(7:0..1) for the output lMERscl(15:0,-l); 

- output of the 3:1 SEL lCOUsel(Oz) =1 selects the lMERsel(15K)rl) outputs 
to be downloaded to the 1SIR(1 5:0,-1); 

- the lCOUsel(Oz) is loaded into the lICR(Oz) bit, which is send to the PCU to 
signal that the previous 1PSB(1S:8»S) has been taken and next increments 
shall be presented on the 1PSB(15:8^) bits. 
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Received Date CoUccdoii fllDC^ 



The RDC circuits ate shown in FIG.3C and its principles of operations are defined 
below. 



Hie RDC consists o^ phasel string counters, phase2 string counters, and phases 
1&2 data merging circuits. Said three basic parts are further explained below. 

The phasel string counters of received data bits, ran in parallel with the IPPS, and 
perform listed below functions. 

During a phase 1 string reception, before a string end is reached, number of 

sampling clock cycles contained in incoming sub-intervals is being counted fiir a 

preliminary estimate of received bits number. 

Additionally to said counting of the sub-intervals clock ^cles, any 

positive/negative correction of the IPSAl is followed by immediate 

adding/subtracting 1 to/from the counted string bit number. 

When the end of a current phasel string is reached, and final content of the phasel 

edge skew rpgister2 (1ESR2) and the phasel skew accumulation register 1 

(IPSAI) are added m the phasel final skew register (IFSR), and the IFSR content 

is verified for being in the range of •2/-1/0/+1/+2 data bits: fte corresponding -2/- 

1/0/+1/+2 bits are added to the counted number of string's data bits. 

The phase2 string counters are similar to the phasel string counters: but run in 
parallel with the 2PPS, and perform similar functions for phase2 strings as the 
phasel string counters do for phasel strings. 

The phases 1&2 data merging circuits are common for both phases 1&2, and are 
run by phasel clocks 12-14 (lClkl24Clkl4) which follow all the above 
described operations of the phasel and phase2 string counters. 
The data merj^g circuits perform functions descrited below: 

- merging data, which are contributed by incoming irregular phasel andphase2 
data strings, into a two byte long 16 bit data collection register (DCR); 

- whenever a merger bfa first/second DCR byte is completed a signal 
completed first (Cf) / completed second (Cs) is send to the PCU, which 
downloads the newly available byte to its internal data register; 

- Ae next byte is being fdled with mcommg data based on a content of said 
phasel and phase2 string counters, and after the filling is comply its 
completion signal is send to the CPU as well and the original byte filling is 
resumed. 



More detailed inq>lementBtions of the above operations, by the RDC circuits, are 
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described below. 

The phasel string counter buffer6(lSCB6), counts the number of a string 
sampling clocks by adding numbers of sampling clocks in incoming string sub- 
intervals^ as it is defined below. 

If 1 SIN6aiaft lFe6ena - 1 indicate a string front sub-interval which is contained 
in a single sampling cycle, 0 is added; 

If (lSIN6ena=0)&(lFe6ena 1) indicate a string front subinterval which b not 
contained in a single sampling cycle, or the lSIN6ena&lESR}(E) - 1 indicate a 
single cycle sub-interval at the end ofstrii^ or a single ^cle string: 1 is added. 
In all tte other cases: 2 is added. 

The phasel string counter buffer? (1SCB7) does not contribute ai^ bit numbers» if 
a positive or negative overflow is not reached by the phasel periodical skew 
accumulator! tPSAl. 

When the positive/negative overflow in the IPSAl is signaled by the lPSAl(Pp) 
= 1 / IPSAl(Qn) = 1: is added to a content of the 1SCB6 and a resulting 
sum is loaded into the 1SCB7. 

The phasel string counter buffers (1SCB8) and the phasel string counts bufier9 

(1SCB9), do not ccmtribute any bit numbm until siring end is reached. 

When the end of the siring is signaled by the 1SCB7(E) = 1 / 1SCB8(E) = 1, the 

1SCB8 / 1SCB9 cue modified as it is explained below. 

If the IFSR(P) ^ 1/0 signals positive negative content in the 1FSR» is added 

to a content of the 1 SCB7 and a resulting sum is loaded into the 1 SCB8. 

If the IDLR(P) = 1 / 1SLR(P) = 0 signals positive IDLR content / negative ISLR 

content, +1M is added to a content ofthelSCBS and a resuhing sum is loaded 

into the 1SCB9. 

If the ISCB9(D) = I indicates (he above explained double edge condition at the 
end of a string; 1 is added to 1SCB9 and the sum is downloaded to the phasel 
string counter bufferlO (ISCBIO) which is downloaded further to the phasel 
counter bufferllOCBll). 

The resulting ICBll contains a data bits number^ which corresponds to a sub- 
interval received during the last phasel cycle. 

The phase2 string counter buffer9 (2SCB9}, which is downloaded fiom phase2 
circuits \^ch are identical to the proceeding the 1 SCB9 phasel circuits, is further 
downloaded to tiie 2SCB10. 

The sum 2SCB10(S:0) + 2SCB10(D) is further added to the ISCBlO, and the 
resulting final sum is loaded into the phasel+2 counter bufferl 1 (1+2CB1 1). 
The resulting 1 +2CB 1 1 contains a data bits number which corresponds to a sub- 
interval received during the last phasel cycle, plus a data bits number which 
corresponds to a sub-interval received during ^e last phase2 cycle. 

The 1PE10/2PB10 control signals of the 2:1 SEL on the input of the 
ISCBIO/ZSCBIO, assure that zeroes are downloaded when pliasel/pha8e2 has 
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been inactive. 



Furdier RDC stages 12-14 provide the data merging functions, yMch include 
converting content of the ICBl 1 and the 1+2CB1 1 into a corresponding sequence 
of data bits having signal levels recovered fiom the L bits» as it is further 
explained below. 

The front pointer register (FPR), vMA contains a pointer to the beginning of new 
phasel sub-interval data bits: is loaded fiom the phase2 pointer register (2PR), 
which contains a pointer to the end of previous phas^ sub-iiiterval data bits. 
The phasel pointer register (IPR), which contains a points to the end of new 
phasel sub-interval data bits, is loaded wift the sum: the previous phase2 pointer 
register (2PR) plus the number of new phasel sub-interval bits from the ICBl 1 . 
The phase2 pointer register (2PR), which contains a pointer to the end of the new 
phase2 sub-interval data bits, is loaded with the sum: the previous phase2 pointer 
register (2PR) plus the total numb^ of phasel and phBse2 new sub-interval bits 
fiomthel+2CBlL 

During the above defined pointers calculations; crossing of a first/second byte 
boundary is always being checked for, and if detected produces Ae completed 
first/second Cfi^Cs bit which is loaded into appropriate pointer register. 

Said pointers are further processed by die phasel range activation arithmometer 
(IRan^ActAr.) and phase2 range activation arithmometer .(2RaaActAr0i ^ch 
convert pointers content into strings of Is/Qs ccmeqxmding to received/absent data 
bits, as it is further explained below. 

The lRan.ActAr. subtracts the FPR from the 1 PR and provides a series of Os and 
Is: which is filled with Os up to the position defined the IFRO, followed by Is 
which fill the positions fiom the FRO up to the IPR, and has the number of Is 
equal to die binary number equal to IPR-FRO. 

The 2Ratn.ActAx. subtracts the IPR from the 2PR and provides a series of Os and 
Is: which is filled with Os up to the position defined the IPR, followed by Is 
which fill the positions fiom die IPR up to the 2PR, and has the number of Is 
equal to the binary number equal to 2PR - 1 PR. 

Said outputs of the lRaaActAr72RBnAct Ar. are downloaded into die phasel 
range activation register (IRAR) / ph8se2 range activation re^ster (2RARX 

The 1RAR/2RAR is followed by the phasel/phase2 last active bit decoder 
(ILasActDec) / {2Las.ActDec.) which sets 1 on the output bit which 
corresponds to last active bit, if the existence of the double edge data bit is 
signaled by the 1RAR(D) « 172RAR(D) = 1. 

The straight and inverted ou^uts of the IRAR are applied to the data inputs and to 
the control inputs of the 2:1 SEL and the outputs of the ILasActDec. are applied 
to ae control inputs of die 2:1 SEL, iii order to produce the lDAT5el(lS:0) 
outputs as it is defined below. 

Any particular output bit of the IDATsel is set to a level which is defined by the 
L, if a corresponding IRAR bit is active 1 and tte corresponding ILasJVctDec. 
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bit is inactive 0. 

Any particular output bit of the I DATsel is set to a level which is defined by the 
re vmed L , if a coirespotKling 1 RAR hit is active 1 and the conegpon&ig 
1 Las. Act Dec. bit is active 1 . 

The 2DATsel worics Ae same way as the IDATsel and is driven identically by Ae 
2RAR and the 2Las. ActDet. 

ITie outputs of die IDATsel/2DAT8eI are q}plied to the data inputs of the 3:1 SEL 
and the outputs of the 1 RAR/IRAR are applied to the contiol inputs of the 
selector, m order to select the lDATsel/2DATsel bits which correspond to the 
active outputs of the 1RAR/2RAR. 

Since the data collection register (DCR) bits will be selected for ail the 3:1 SEL 
outputs indiich comspond to inactive IRAR bits and 2RAR bits, the content of the 
IDATsel. the 2DATsel is tneiged with the previous content of the DCR. 

Finally the DCR bit DCR(a)/DCR(Cs) is used to tequest (he PCU to read the 
fiist^second completed byte of received data, ^^e die complimenting second/first 
DCR byte is being filled with next data bits. 



Data Freouencv Cantnring 

The above described PSA circuits allow the PCU to correct the efifects of 
frequency differences between a frequoicy of iocomiiig data stream and a 
frequency of die sampling clock, if said frequency differences are measured and 
communicated to the PCU. 

The purpose of the Data Frequency Capturing circuits is; to measure sampling 
clock phase interval between active edges of the incoming signal and 
corresponding number of data bits, and to communicate the measurements to the 
PCU. 

Measuring sampling clock phase intervals per a fixed number of corresponding 
data bits would be the most convcoiMt way to conduct said frequency 
measurements. 

Since unknown lengths of incoming data strings exclude such possibiiiQr, a best 

posttble compromise is implememed as it is explained below. 

Sampling clocks are counted by die modulo 16 counter equipped with zero content 

decoder, whidi generates a zero signal at die end of every 16 clock measurement 

period. 

Sampling clock phase is capnired for every last active edge of die incoming signal 
before the end of the measurement period. 

Sampling clock phase interval between; last active edge of the incoming data 
signal before the end of the penultimate measurement period, and last active edige 
of the data signal before the end of die last measurement period: is captured and 
transferred to the PCU following every end of die measurement period 
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Corresponding number of data bits received between the penultimate captured 
active edge and the last captured active edge» is captured and transfened to the 
PCU following eveiy end of Oe measuremem period. 

CiKuits which implement said Data Frequency Cq>turing (DFC) aie shown in 
FI0.3D, and more detailed description is given below. 

Said 16clockcounter is implemented by the clock counter register (CCR(3:0»Z) 
with fte double clock arithmometer (Dou.ak.Ar.) and the zero decoder (Zero 

Dec.). 

Since eveiy IClkS cycle conesponds to 2 sampling clock cycles, 2 is added to 
CCR content at eveiy IClkS cycle for achieving the 16 cycle measurement period. 

Eveiy said captured phase interval consists of: a whole number of sampling 
periods which are counted between the interval edges, phis a fiacdon of the 
sampling period \^ch is eiqnessed by a number of detoys between sampling sub- 
clodcs which captured the interval edges. 

Said fractional phase component is measured* as it is further explained below; 

• every last active edge in the phasel cycle is captured m the active edge 
register (AER) fiom the last active 1SER/2SER, if the 
(1SER(E)-1)&(2SER(E)=0)/(2SER(E>=1) accordingly; 

• the CCR(Z) - 1 which indicates the end of ihs measurement period, captures 
the last edge before die end of die measurement period, in the last edge, 
register (LER); 

• the next CCRfJL) « 1 reloads the LER to the penultimBte edge re gi ster 
(PER); 

« the edge difference arithmometer (EdgeDif j\r.) subtracts the PER fiom the 
LER, and the resulting difference is loaded to the edge difference register 
(EdgeDifReg.). 

Said ^^le number component is measured, as it is explained below: 

• every last active edge in the phasel Qfcle loads said CCR contort into die 
active edge counter register (ACR), if the last edge comes in the first 
sampling clock cycie of the sampling clock cycle; 

• every last active edge in die phasel <^cle loads said CCR content plus 1 into 
die active edge counter regi^ (ACR), if die last edge comes in die second 
sampling clock cycle of die sampling clock cycle; 

• any of the two above mentioned active edges loads 1 to the ACR(A) bit, 
which indicates presence/absence of any active edge durir^ die measured 
phase interval if set to 1/0 acoonlingly; 

• said CCR(Z) bit jwevents the ACR(A) bit fiom die previously measured 
phase interval to be carried forward to die next measured phase intenral; 

• die CCR(Z) = 1 \^ch indicates die end of the last measurement period, 
captures said whole number of sampling cycles between die beginning of the 
measurement period and die last active edge before die end of die period, in 
die last clock register (LCR); 
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• the next CCR(Z) = 1 reloads the LCR to the penultiiDBted^ 
(PCR); . 

• the clock difference arithmometer (ClLDif Ar.) subtracts the PGl fiom the 
LCR and adds 16 to a result of the subtractiOD; 

• the output of tiie CIk.Dif.Ar is loaded to the dock difference register (CDR). 
Hie EDR((T:0) and the CDR(4:0 AZ) are send to the PCU, where the CDR(Z) 
and the CDR(A) have the meaning which is defined bdow: 

« the CDR(Z) requests the PCU to read die content of the EDR((T:0) and the 
CDR(4:0^); 

• the CDR( A) 1/bmeaiisdiat there was /wasn't any active edge during the 
measured phase interval; 

• consequently the PCU shall integrate the last measured interval having said 
A= 1 with all tfie following it intervals having A and with the first 
following them interval having A=l, into a single measurement interval; 

« PCU shaU assemble a correspondipgrumberofdflta bits received between 
the penultimate captured active ec^ and tfie last captured active edge, as 
equal toasumofall data bits numbers which were captured fi)r all ^ above 
explained integrated measurement periods. 

Since longer intervals are less reliable: 

• smaller weights could be assigned to longer intervals by PCU algorithms, 
which calculate phase & frequency errors and implement the DPLL 
ftmctions for controlling incoming signal recqstion process fluough the SIR 
values. 

• and/or longer intervals measurements could be eliminated by said PCU 
algorithms. 

Said number of data bits, which corresponds to the captured phase interval, is 
measured by calculating listed below entities and adding diem togedier, as it is 
explained below: 

• a number of data bits received between the front edge of the captured phase 
interval and the end of the penultimate measurement period, is calculated 
and loaded into the front range register (FRR); 

• a number ofdata bits received between the b^inning of die last 
measurement period and the end edge of the captured phase iatavdi and, is 
calculated and loaded into die front range register (ERR); 

• in order to identify phasel cycles ^ch correspond to ^e end of die said 
measurement period, die CDR(Z) bit which is set by die IClkT, is 
downloaded by die consecutive phasel docks from ICIkS to lClkl4 into die 
ZS to ZI4 timing status bits, which propagate die end of die period status 
information fiom die 8*^ to 14*^ stage of die SDR MSP; 

• die FRR and die ERR are added by die total range arithmometer 
(TotRan.Ar.} and die result is loaded into die total range register (TRR), 
when Zl 3 indicates die end of die last measurement period; 

• sfliidZ14>=i is send to die PCU and requests die PCU to read die 1RR. 



Said end rai^e caiculadons are implemented, as it is explained below: 
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• at ^ end penultimate measurement period, the whole end range bufferl 
(ERBt(4:0,A) including the active edge indicator (ERB1(A)) is pie-loaded 
toObytheZll; 

• during the last measurement period, the ERBI(4:0) keeps accumulatmg 
number of data bits collected in the 1+2CB1 1 and the ERB1(A) keeps 
accumulating the active edge detection sum 1E+2E; 

• if (I+2CB1 l(E)=0 / (1+2CB1 KEHWICBI 1(E)=I) occurs, which 
indicates that the last active edge occurred during phase2 / ph^l , the 
ERB1'K1+2CB1)) / ERBl+lCBll accordingly is loaded to the end itgister 
bu£fer2 (ERB2); 

• else if (Zl 1«1)&(ERB1(A)=0) occurs, which indicates that there was no any 
active edge during the last measuiemem period, the ERB1+(1+2CB1 1) is 
loaded to the end register bufier2 (ERB2); 

• at the end of the last measurement period, the ERB2 is loaded to the ERR by 
theZ12. 

Said from range calculations are perfomied, as it is explained below: 

• the ERB1+(H2CB1 1) is loaded to the measuremoit period bufifer (MPB) by 
the ZU , coQsequ^tly the MPB shall contain Ae number of all die data bits 
which were collected during the whole measurement period; 

• the ERB2 is subtracted fifom the MPD and the difference is loaded mto the 
fixmt range buf!er (?RB) by the Z 12, consequently the FRB shall contain the 
number of all the data bits which were collected between the last active edge 
of the penultimate measuremrat period and the end of the penultimate 
period; 

• if Aere was not any active edge during the penultimate period; the ERB 
MPB and the FRB «0; 

• the FRB is re-loaded into the front range register (FRR) by Ac next Z12, in 
order to make the FRB content available, together with the ERR of the last 
measurement period, for flie total range calculation. 

It shall be noticed that: if there v/bs no any active edge during the last 
measurement period, the above explained GDR(A) - 0 mdicator communicates to 
the PCU that the current data string did not end yet and it continues into the next 
measurement period. 

Therefore the PCU shall accumulate the newly received number of data bits with 
numbers of data bits which belong to the same measured interval, which wei^Avill 
be received in the past/fiiture measuremem periods. 



Wave^Fom Scnscniaf and Canturiny rWFSC) 



TTie wave-form screening and capturing of screened out cases (WFSC) is 
performed by the circuits whidi are shown in FI0.4A and the timiog diagrams of 
the WFSC are shown FI0.4B. 

The WFSC allows the PCU to perfonn screeniqg and capturing of Ae incom^ 
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signal, for timing intervals ^ch coire^nd roughly to a period of a single data 
bit, based on a content of the wave buffers II WB,12WB, 2IWBand22WB. 

The WFSC allows the PCU to screen signal quality of inconung wave fotm» by 
applying progranunable 5»reening functions using prognunmable data masks; as it 
is listed below: 

« content of said wave buffers can be verified for compliance or non 
compliance with a mask provided by tte PCU» based on verification 
functions and vacation tolerances which aie programmed by the PCU; 

• if any wave buffer verification detects preset by PCU screening out criteria 
to be met, the corresponding content of a wave bufifer is captured and made 
available for PCU for father analysis; 

• in addition to the wave bufTo: capturing, a number of said screened out 
results will be counted and communicated to the PCU as well. 

In addition to the above mentioned screening; the WFSC allows also the PCU to 
select arbitrarily a content of any of the wave bufifers during any particular time 
slot; for being c^tured and made available for analysis by the PCU. 



Hie above mentioned signal screoiing is implemented by fte WFSC, as it is 
explained below. 

The Mask Detection Arithmometrs (1 IMDA and 12MDA) for the WFSC are 

positioned similarly as the DFAs of the SMS*DSP. 

The second stage uses the mask detection arithmometers i lNfDA/l2MDA for 

identifying wave-foims which are beyond usually accq)table range defined by the 

PCU. 

The programmable control unit (PCU) determines logical and/or arittmetical 
processing which the 1 1MDA/12MDA shall poforan, 1^ pfe-loadiAg the detection 
control register (DCR) with a control code qiplied as the DCR(P.-0) to the 
11MDA/12MDA. 

Additionally the PCU detemoines the mask DMR(R:0) v^ch the captured data 
1 1 WB(R:0)/1 2 WB(R:0) shall be processed against, by pte-Ioading the detecdon 
mask register (DMR). 

The 1 ISEL signal ecjual to 1/0 selects; the 1 1 WB(R:0)/1 2WB(R:0) to be 
downloaded to the phase one detected data buffer (IDDB) by the clock lClk2 (see 
FIG.4A and FIG.4B), if the 1 1DET/12DET indicate detection of a pie*selected 
mask by the mask detection arithmometer 1 1DMA/12DMA. 
At the beginning of die next time fiame, which has 128 phasel cycles, the last 
cs^tured I DOB content is further downloaded to the phasel data register (IDDR) 
by the clock signal ICIk3/]28. 

Number of said mask detections is counted in the mask counter buffer (I MCB), as 
it is explained below: 

• atthebeginningofevery timeframe which has 128ph8sel cycles, the 
IMCB is reset/preset to 0/1 if diere isn't/is a mask detection for Oe first 
cycle of the fiame which is signaled by the 1PHA/I28ena«' 1; 
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• the IMCB is increased by 1 /kept the same, if there is /isn't any mask 
detection during a particular ph^l cycle; 

• at the beginning ofthe next time frame, the IMCB is downloaded to the 
phasel mask counter register (IMCR) and the output of the 1MCB>0 
decoder (MCB>0 DEC) is downloaded to the 1MCR(P) bit, by the 
lClk3yi28. 

Said IDDR and IMCR are read by the PCU, when the beginning of the next frame 
is communicated to the PCU by tb& phasel 128^ clock enable signal 
(1PHA/I28ena) and the above mentioned 1 MCR(P) - 1 indicates that at least 1 
detection of a pre-selected mask occurred duriqg the previous frame. 

Said PCU controlled capturing of a wave buffer content is implemented, as it is 
explained further below. 

The sample number register (SNR) is loaded by the PCU: with a phase number 
defined as phasel/phas^ if the SNR(0) is set 0/1, and widi a particular phase 
cycle number in a time frame defined by S>JR(7:1) bits. 
Since there are 2 phases with 1 28 cycles per time frame, SNR(7:0) bits define 1 of 
256 samplii^ cycles for having its wave buffer captured and made available for a 
frinher analysis by the PCU. 

Said SNR is downloaded into tiie phasel sample number buffer (1 SNB) at the 
beginning of a time frame by the first phasel clock of the frame lCIk2/128. 
At die be^nniiig of a time frame: the phasel sample number counter (1 SNQ is set 
to 0, since die 1PHA/I28ena selects 0 to be loaded into the ISNC by lClk2. 
During every other cycle of the time frame: 1 is added to the SNC contend since 
the 1PHA/I28ena is inactive during ail the next cycles of the frame* 
The 1SNC(7:1) and the 1SNB(7:1) are being compared by the logical con^arator 
(Log.Comp.), whic* produces the Eq = 1 signal when their identity is detected. 
Said Eq « 1 enables the ISNB(l) = 0/1 to select die 1 1 WB(R:0)/12WB(R:0) in the 
3:1 selector (3:1 SEL), for capturing m die phasel sampled data buffer (ISDB). 
At die beginning of the next time frame, die output of the 3: 1 SEL is additionally 
captured in die phasel sampled data register (ISDR) by die signal lClk3/l28. 
Said 1 SDR is read by the PCU, which is notified about availabiliQr of die 
requested sample by die signal 1PHA/I28ena. 
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Drawings for Invention: "Digital Signal Proeessing of Malti- 
Sampled Phase" 
by John W.Bogdan 
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VIG2B Sequential Phase Control (SPC) 

"miO IFSCwioN" 
" 2FEB(A) ^ IFFCN 




2FEB(A) 
iak4 
2ak4 

IFEB(A) 



2FCB(A) IFEB<A) 

->lFe4cq« ifFCN 




lF£ft(A) 2FEBiA) 

->2Fc4eiui 
^2Fc5eoi 
2Ft6eps 



.2F/1E 



IFSCwioN 




W/2E I ^ 

■SOW- 



2SNDicl 




IPEION 



2CUi9 



2m RT| >2PEI0 

iciu —J 



I 1 fi.llj. 4( I 

CA 02389969 2002-06-25 



t 

4 



4/11 



nG JCHiiiiag Diagnim of the SC and WC 
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FIG JO Timing Diagram of Sequential Phase Control 
proceeded by a phase2 long data string (continaation of FIG.2C) 
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FIG JA Fhfls^l of the Phase Processing Stages 
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FIG Periodical Skew Aceunulation 
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FIG JC Received Data Collection 
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FIG3D Data Frequency Capturing 
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FIG.4A Wave Fora Scit»ing & Captiiiiiig (WFSQ 



DctMuklXtg. 
: (DMB) 

pcumnP:0) 

J4WJaQi — _ 

P IktCootrolRcs. 



(PrO) DMR(R:0) limftO) DCR(P;0) Dim(R:0} 1»VB(R:0) 

I Jol I— A 1 lii^'l f Jo. Rl 

I4 lllMukDctArtih. M llMttUtetArML > 

fuoir I iiwET 




( ]rBAn28tMAlM€8(PH 



fbcPCUContdtkclDDKOtiO) to4 ]MCR(7:0)> 

FRRN PRm-l) 



PCWOUT{r:0) 



7. Soi|ikNr.lUs. 
: (8NR) 



3 



rSNR(7iO) 



I to. Dec I I loura icnoais 



1 



' f 



1SN8(0)N 



lStaJilon.Bot 
lSNB(7:ft> 



2:1SEL , 




II9«i!i^ain.Coii. I 



_ IWB(RiO) 





(ISNC-ISNB) 



lSfiD*DitiB«f. 



1 



(iSl 

|isi 



lStm*DttilU& 

tSDB(Ki)) 



IPHAAZScaa 



(IPHA/tUnv*] rignablDPCI}, 
tb«t tht rtODtttod nmple b 
mllauctobemtf) 



Cft 02389969 2002-06-25 



11/11 



F1G.4B Timing Diflgrams of the WFSC 
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